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DIGITAL FILTERING IN A
DISEASE DETECTION SYSTEM

by

R. R. Brown

ABSTRACT

A low-pass, nonrecursive digital filter has been designed
to process data in an automated enzyme immunocassay system.
The soitware implemented filter has been installed iun the
Intel B80/10 system contiroller. A low-speed sample rate of
three samples per second allowed the filter algorithm to be
programmed in the high-level FORTRAN language with a
resultant execution speed of 0.6 seconds per data array.

Fourier techniques are used to derive e zero phase shift
filter algorithm from a frequency doma.n prototype. The
resulting alogrithm i{s modified by a lLamming window to
reduce transients and Gibbs phenomenon oscillations.
Obgervations on the effectiveness of the filter under full
system operation indicate a 902 data recovery rate.

I. INTRODUCTION

Digital filtering is a powerful system component that can be used in a wide
variety of information systems. In this case, digital filtering is applied to
tlie recovery of noise-obscured data collected during the rapid serodiagnosis
of infectivus diseases in animals. The nonrecursive filter is implemented in
software using standard commercially available produict-.

State-of-the-art software and hardware are being Jdesigned at Los Alamos to
automate the enzyme immunocassay (EIA) used as a new method of detecting
infectious diseases. Of primary concern to the furding agency, the United
States Department of Agriculture, are production of a system that automates
the diagnoris process and proof that the theory involved has practical
applications. Collcboration with Technlcnn Corp. resulted in an EIA-modified
system capable of analyzing 240 unique serum samples per hour.

In the final stage of processing, the Los Alamos-Technicon analyzer
occasionally produces large excursions in the output data caused by unstable
hydraulic conditions. The peraistence of this prohlem resulted in the design
of a nonrecursive digital filter using Fourier techniques. The low-speed,
low-pass filter is implenented in software and run on the Intel B80/10 computer
system that also controls the ETA hardware sequencing.



II. LOS ALAMOS-TECHNICON AUTOANALYZER II

At Los Alamos, we are studying the EIA for the diagnosis of infectious
diseases in cattle.l Part of the research involves evaluation and
enhancement of the Technicon automated EIA system. The system is a
specialized analyzer used for rapid detection of infectious diseases, toxic
agents, and low-molecular weight corpounds.

The EIA system (Fig. 1) basically uses a primary sampler, an incubation
sampler, a reagent pump, and a colorimeter to implement the EIA sejuence. The
system, designed to process 240 unique serum samples per hour, providec
positive or negative test results for each sample and some statistical
information. The fluids involved in the process are transported from one
device to the next through flexible tuvbing.

A critical factor in 3ystem ojeration is the separation of samples in the
tubing. Samples are separated by following each sample segment with a wash
fluid segment continuously injected with air bubbles. The bubbles provide a
scrubbing action, which cleans the tubing, thus providing an isolation medium
from one sample to the next.

The EIA results in a resample fluid having an optical density proportional to
the amount of infection present in the resample. At this point, the fluid is
transported to the colorimeters, which produce an analogue voltage
proportional to the opticeél density of the corresponding resample. A
voltage-versus-itime waveform generated at the colorimeter output (Fig. 2) 1s
similar to a sinusoidal waveform with . peak occurring every 30 seconds.

A problem arises at the color!meter because the resample must be completely
devoid of bubbles. The colorimeter contains a debubbler to remove the bubbles
before analysis. Occasionally, the debubbler fails to remove a bubble, which
then obscures the data with a voltage spike (Fig. 3). The dominant Fourier
serles spectral components are significantly higher for the spike then for the
regsample response. Thus, data obscured by a bubble splke can be reclaimed 1f
the waveform is passed through a low-pass filter.

The existing system data collection structure allowed easy incorporation of
either an analogue filter or a software-implemented digital filter.
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The colorimeter data are collected both on a strip chart recorder and by the
system computer. The computer digitizes the data at a rate of 3.08 samples
per second. For each resample resbonse, 40 data points are digitized, stored,
and processed in real time. The processing algorithm determines the peak
value of the resample response waveform, which 1s the desired end result of
the EIA.

III. FILTER DES1GN ‘ -
Nonrecursive filters2~% are unusual in that zero or ronstaut phase shift can
be achieved and the problem of stability doesn't arise. A nonrecursive filter
is absolutely stable because there are no poles in the denominator.

The basic steps involved in implementing the digital filter ave specification
of filter frequency response and data, choice of filter metheds end filter
window (if any), and installation of a filter in the system.

A. Frequency Response

The ideal low-pass filter response (Fig. 4) absolutely excludes frequency
components above the desired cutoff frequency w, while passing frequency
components below w. without change. These characteristics are represented
by the frequency domain transfer function

[

Hw) = { 1, s ©, (passband), M
0, < @, (stopband).

v

Although the ideal filter 1s used in generating the tilter algorithm, the
resultant digital filter only approximates the ideal response. 1In this case,
the transition region betwecen the passband and the stopband, the passband
variations, and the stopband attenuation 2ll must be specified as dictated by
the application. Then iterative methods are used to Qenerate the
corresponding filter transfer function.

When cnoosing c, the Nyquist frequcncy must be calculated by Eq.(2) to
determine the upper limit on the frequenciea that can be dependably filtered.

1 .
fy=— , T = sample rate. (2)
NEIT p
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If the data being filtered have a spectral content above the Nyquist limit, an
analogue low-pass fllter probably will be neceusary to exclude frequencies
above the Nyquist limit. Prefiltering (s necessary because the filter
transfer function repeats {tse’f at intervals of twice the Nyquist limit.



_B. ~Fourier Techniques -

Fourier-series technique35'7 for nonrecursive filter design are useful in
generating real-time filter algorithms from a known desired filter transfer
function. The desired Z-domain transfer function is of the form

H(Z) = [

kw—J

2 g2 ]z '\ ._

where Z™ ig the time delay factor. When Z = el t is substituted, the
corresponding frequency response is

\ ' - ’ )
H(w) = [ :i’ a"cmufr] e~ = :V_“‘ Bl‘e]&—n)uT i i 3)
Am=3 | k=—)

By expanding Eq.(3) using the Fourler-series approximation, the coefficients
are determined for either even H( ) = H (- ) or odd H ( ) = -H(- ) denired
trarsfer functions

8 - B = i,}J’o H;,(w) coskoT) do ; (even) @)
= Bo= = L Hy) do ; and 35)
b =P = %J’o cHD(w)‘ sin(koT)do ,  (odd);

where Hp( ) 1s the desired transfer function and , is its upper cutoff
frequency. The general equation for the desired transfer functiou is

S (ay = b) 2+ Y @+ by Z"} . ) ®)
k=) ["CY] l

In the case of the low-pass filter of Fig. 4, the transfer function is an even
function, and thus Eq.(6) becomes

Hy(Z) = 8, + %[

Hp (Z) = 8, +—l[\w‘ .,z*l+f (WA ] : ™
LS k=i

Note that the upper limit on the summation in Eq.(7) has a practical limit
dictated by the hardwvare used to implement the filter and the time constraint
placed on the hardware. Lowering the summation upper limit Eq.(8) makes the
resulting filter algorithm smaller (with a faster hardware execution time) but
also makes approximation of the desired filter frequency response cruder.

| B ®
Hp () S 8, 3 ._1.2 + 3 aZ yJ <o .
-l k=1

If the allowable transition region is known from the passband to the stopband
of *the frequency domain filter transfer function, then J can be calculated
fromJ ~» 2 /(T ), where =( 2 = 1)/2- (See Fig. 5.)




C. Time Domain Mapping

The inverse Z transformation of Eq.(8) is the time domaln representation cf
the desired digital filter. Equation (9) is the inverse Z transformation of
the transfer function of Eq.(8) where Y is the output and X is the input of
the digital filter. (Note that it is implicit that the discrete-time
variables re multiplied by the sampling rate constant T.)

' )
Y(n) =8, + .;.‘ ia.)((n—-k)+ ¥

a,,X(n+k)] N - 9)

Equation (9) is a discrete time algorithm in a form suitable for installing
into the target system. In this equation, the filtering is done by the
weighted summation of past, present, and future sampled data points.

The tavget svstem computation time per data point can be calculated by

t=2Jt, + QI+ Dt + @I+ )t ‘ (10)

where tp = multiplication execution time, tp = addition execution time,
tf-g = memory fetch-store pair time, and J - summation limit on Eq.(9).

D. Filter Window

Windowing 1s a process of selective attenuatlon used in digital filtering to
reduce transients in the time demain filtered data. Start-up and ending
transients (or leakage) are due primarily to an aperiodic filter

wlg. 5.
The low-pass filter transfer function plot shows the transition
region betwzen the passband and stopband as beirg w, - w,.
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input; they can be greatly reduced by windowing either the filter coefficients
or the data. Although a window improves a filter's transient response, it
also degrades some desirabie filter checacteristics. For esxample, windowing

lessens the slope of the frequency domain transfer functions transition
regiou.

The application dictates the tvpe of winduw used. The type often depends on
how long the filter algorithm or duta array is and what sort of analysis is to
be done on the daca. If the data are to be analyzed for spectral content,
often windowing is done on the data. Because the window is basically a
position-selective attenuator, the data spectral content may not cliange
(depending on the length and ro ~f the data array) except that the
leukage problem 1s reduced. If dud - to be analyzued for time domain
amplitude, windowing the data will most iikely be prohibitive becausc of the
window's attenuation characteristics. In chis situation, windowing -.an be



-done -on -the--fileer elporithe——When Fouriertichniques—are-used for filter
design, an added advantage to windowing the filter algorithm is the reduction
of the Gibbs phenomrnon oscillation in the filter frequency response.

IV. LOW-PASS FILTER APPLICATION

The digital filter resides in the Los Alamns~Technicon EIA analyzer's
controller. The controller first digitizes the colorimeter output and stores
the results in au array. The array thcn is processed by the '
software-implemented digital filter algorithm and finally is analyzed for the
peak value. Thne peak value 1s corrected to an optical denslty, corresponding
to the particular serum sample.

Forty data points are digitized per serum sample at a rate of 0.325 seconds

per sample (= T). The Nyquist frequency is then

1
fN =2—7r'E 1.5 Hz.

The roughly sinugsoidal shape of the colorimeter data (Fig. 6) ylelds an
approximate calculation of the filter passband frequencies,

1 cycle i
f, .= ———=0. Hz. .
4% =30 seconds 003331 Hz. ,
>
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By arbitrarily choosing the cutoff frequency as five times the data frequency,
the cutoff frequency is

fix5(,,=02Hz

Figure 7 18 the desired frequency domain transfer function of the low-pass
filter. Because the low-pass filter repeats itself at iutervals of twice the
Nyquist limit (2 fN=3.0 Hz), the egquivalent of a bandpass filter will be

from 2.8 \c¢ 3.2 Hz (and agailn from 5.8 to 6.2 Hz, etc.). Thus, the

color imeter output mus® be analogue prefilterad if the colorimeter output
contalns a spectral content above 2.8 Hz. In this case, an anaiogue low-pass
filter with a cutotf frequency of 2.8 Hz could be placed at the colorimeter
output. (A simple one- or two-pule filter vill do.)



Generating the digital filter algorithm is a matter of releting the desired
frequency response Eq.(l) to the Fourier technique equations Eqs.(4) and

t(5) .

. ™ 2af .
‘.L=_2n_TL H,,(m)cos(km'l')dma-z—:—. (l)coa(ka)dmzﬁsir(anch) k=1,23,...1]

s T

T g T b J
in,-;-J: Hn(m)dm=-;ﬁ (1)do =2 (T -

here the number of filter algorithm taps is J + 1 for a casual algoriihm.
For the noncasual symmetrical algorithn,
|

HZ)=0,2"...0,,Z+0,+8,,,Z...0,Z"], ()]
| .

the number of filter taps = 2 J + 1. Equation 11 is a nonrecursive digital
filter with zero phase shift and a time domain form of Y(n)=a X(n + J) ...
aj-1X(n) + aj + aj41X(n - 1) .. azj¥(n = J), where X(n + J) = input

at time (n + J)T, and Y(n) = outpur at time nT. The tap length of the filter
is proportional to the accuracy by vhich the desired transfer function

(Fig. 7) is reproduced. Of primary cconcern is the frequency domain transfer
function passband-to-stopband transition region. The effect of the tap length
can be seen in Fig. 8 and Fig. 9. Figure 8 is an ll-tap filter with a
transition region of 140 4B/DECADE; Fig. 9 is a 4l-tap filter with a
transition region of nearly 170 dB/DECADE. Both filters were generated from
the same set of parameters.

The frequency response of a filter derived from Fourier techniques always
exhibits Gibbs' phenomenon oscillation (Fig. 10) at any discontinuity.
Modifying the filter transfer function can greatly reduce GCibbs' phenomenon
and the time domain start-up and ending transients. The modification 1s a
window function
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Eq. (11) 1is multiplied by a corresponding
A good window for a relatively small numbar of terms is

Figure 11 shows the windowed version of the filter im which the Gibbg'
pPhenomenon oscillation 18 essentially eliminated. Figure 12a and b show
simulation of the time domain sampled data before and after filtering. In
Fig. 12a, the triangle curve is the colorimeter output sampled data, while the
dot curve 1is the data after filtering without a window. In Fig. 12b, the
correspondi,z windowed filtering exhibits a transient behaviour lower than
that in Fig. 12a; it is due solely to the modification of the filter transfer
function by the Hamming window.
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When the filter algorithm is complete, software is written to implemnnt the
filter in the Technicon controller. An Intel 80/10 computer with the SBC 310
high-speed mathematics unit controls the system. The controller is programmed
with approximately 8000 lines of PLM source code and a small amount of FORTRAN
60 code. Because of the precision involved in the filter processing and the
ease of interfacing to the SBC 310, the FURTRAN 80 language is advantageous in
implementing the digital filter. The Appendix lists the 30 lines of FORTRAN
required to implement the filter.

The filter tap length is dictated by the time allowable for completing the
filter subroutine. In this case, a 2l1-tap fllter requires 0.6 seconds of
computer tir: to execute the rcutine. According to Eq.(10), the computer must
execute 1200 floating-point multiplications, 1260 floating-point additions,
and 2460 memory fetch-store pairs to process the 60 data points through the
filter algorithm.

The 21-tap digital filter chosen for use in the Technicon system has a
stopband of 22 dB and a transition region of about 160 dB/DECADE, as shown in
Fig. 13. The filter is roughly equivalent to an elghth-order analogue filter.
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Fig. 1.

Transfer function of the fliter algorithm used in the Technicon
syestem.
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To evaluate the filter's effectiveness, several EIA runs were made in which
bubble-induced nolse spikes were observed and the corresponding computed peak
values noted. During a run, several quality control assays are included in
which each computed peak value sh»>uld be approximately equivalent. Figure 14
presents three trpical sample responses with bubble-induced spikes that
occurred during the quality control assays.

Included below are the following data values associated with Fig. 1l4; the
overall assay mean value, the standard deviation, and the compu*er-calculated
peak value of the sample response. An effective filter will process the data
so that the presence of a spike will not affect the computer-calculated peak
value; the peak value should be approximately the same as the assay mean value
(within the given standard deviation). The data below verifies the filter's
effective recovery of sample data obscured by bubble-induced noise spikes.

Fig. 14 Mean Value Standard Deviation Peak Value
a. 0.0052 0.0010 0.0066
b. 0.0062 0.0010 0.00:8
c. 0.0714 0.0020 0.0214
!
|
1
I
|
!
1
| 1
! |
| |
| |
> ' > |
- > 1 - |
N = i n
Z n | Z
LJ < ' w
o w ‘ (@]
- o -
Q ! S E Q
—- ! — ‘ - -
a 1 5‘_ o
C o) o

\ W, ' J \
TIME TIME TIME

Figs. 14a, b. & c.
Colorimeterer Output with bubble induced spikes for three resample segments.

12



_The procesds of selecting the appropriate digital filter parameters for a given
application 1s iterative. The tap length, the inclusion of windowing, the
cutoff frequency, and the overall adjus:ment of the filter are all difficult
to calculate effectively without a certain amount of iteraticn. Therefore,
programming the filter design process by Fourler techrniques has advantages.
The user specifies the filter parameters then the computer calculates the
filter coefficients. In addition, plots of transfer function magnitude in
decibels versus frequency and a real-time simulation arc generated. The
simulation function accepts a user-defined data array then filters the data so

the user can immediately see the effectiveness of the filter just created.

V. CONCLUSION

The use of digital filtering to recover noise-obscured data has many possible
applications ir. information systems. The EIA system provides an ideal
application for digital filtering because of sufficient separation of noise
and data spectral composition. In addition, the slow data collection rate
assoclated with the ETA allows a quick and flexible filter implemeniation in
software.

The low-pass, nounre-ursive “ilter design 1s a step-by-step process involving a
choice of filter algorithm geerating and windowing methods. Fourier
techniques for algorithm genrration provide the advantage of zero phase
shifts, but also the disadventage o{ Gibbs' phenomenon oscillations. 7The
oscillations can be essentially eliminated by windowing the filter
coefficients.

There are two primary reasons for using a nonrecursive filter in this
applicaticn. A nonrecursive filter is simpler to design because the question
of stability does not have to be addressed. The penalty paid is the loanger
execution time of the filter algorithm, which is affordable in this
application. The transient response nroblem is less in nonrecursive filters
than in recursive filters; small sar.pled data arrsys benefit from a decreased
transient reasponse.

The digital low-pass filter successfully separates colorimeter serum data from
bubble-induced splkes using a 21-tap algorithm. The filter algorithm and its
assoclated array manipulations require 0.6 seconds of Intel 80/10 computing
time (for 60 data points); the filter is approximately equivalent to an
elght-pole analogue filter with a 22-dB stopband.
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